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Description 

BACKGROUND OF THE INVENTION 

[0001] This invention relates to a media communica- 
tion system, a terminal apparatus and a signal conver- 
sion apparatus used in this system. In particularly, the 
invention relates to a media communication system for 
communication of media such as voice and images via 
an IP network between terminals constructed so as to 
be capable of IP communication, as well as to a terminal 
apparatus and signal conversion apparatus used in this 
system. 

[0002] VoIP (Voice over IP) technology through which 
telephone communication is implemented by IP com- 
munication has been developed and has reached the 
product phase in recent years. What characterizes VoIP 
technology is the fact that a voice signal is transmitted 
via IP communication. By using IP communication to 
control a terminal that has been connected to an IP com- 
munication network, the provision of more flexible serv- 
ices can be expected. In order to realize VoIP commu- 
nication, a protocol stipulated by ITU-T Recommenda- 
tion H.323 has been developed and is now in wide use. 
In recent years, moreover, consideration has been given 
to controlling the connection of calls by SIP (Session In- 
itiation Protocol). Study of this protocol is being forward- 
ed with a view to implementation. 
[0003] In order to maintain the quality of voice when 
voice is transmitted using IP communication, variations 
in transmission delay of the IP packets that transport 
voice must be not be allowed to exceed a certain fixed 
value, and techniques for maintaining the network con- 
ditions of IP communication for this purpose are being 
studied widely. Voice communication at a problem-free 
quality is feasible even at the present time if the com- 
munication path for carrying out IP communication has 
a bandwidth sufficiently. If this is not the case, however, 
the state of the art is such that voice quality cannot be 
maintained satisfactorily. Investigations and research in 
this area are being conducted aggressively at the 
present time. 

[0004] In communication systems in which wireless 
communication is used up to the terminal, as in cellular 
telephone systems, the data transfer bandwidth over 
such wireless segments of the communication path is 
not large. As a consequence, if communication traffic by 
way of IP is increased for the purpose of achieving more 
economical communication, the IP communication traf- 
fic in the wireless segments increases and so does de- 
lay. In an instances where IP communication is per- 
formed using an ordinary telephone line, an increase in 
traffic will make it difficult to carry out high-quality voice 
communication unless sufficient bandwidth is provided 
for the IP network. 

[0005] Thus, there is keen demand for a method or 
system that will assure voice quality by reducing delays 
in the transmission of voice IP packets even when there 
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is an increase in IP communication traffic. 
[0006] The present invention seeks to solve the 
above-mentioned problem by performing media com- 
munication such as voice communication through con- 

5 ventional communication techniques without relying up- 
on IP communication over segments of the transmission 
path where sufficient bandwidth cannot be acquired. As 
a result, control of a terminal can be carried out by IP 
communication while assuring the quality of voice, and 

10 it is possible to realize a media communication system 
that provides the flexible service that is the characteriz- 
ing feature of VoIP communication. It should be noted 
that although the present invention is applied to general 
media communication inclusive of voice communica- 

's tion, the invention will be described with regard to voice 
communication because limiting the discussion to voice 
communication will better facilitate an understanding of 
the invention. However, since voice communication is 
but one form of media communication, it will readily be 

20 understood that the invention can be expanded to cover 
other media communication. In other words, the present 
invention is not limited to voice communication. 
[0007] Fig. 1 6 is a block diagram showing the config- 
uration of a network for implementing ordinary VoIP 

25 communication according to the prior art. Here a VoIP 
terminal 101 (VoIP terminal A) and a VoIP terminal 102 
(VoIP terminal B) are connected to an IP network 130. 
The VoIP terminal 101 has a control unit 120 for per- 
forming connection control and media control, a voice/ 

30 signal converter 122 for performing a conversion be- 
tween voice and an electric signal, and an IP packetizing 
unit 124 having a function for placing a voice signal in 
an IP packet. The VoIP terminal 101 further includes an 
IP interface 1 26 for transmitting a control-signal IP pack- 

35 et sent and received under the control of the control unit 
120, and for receiving a control-signal IP packet from 
the IP network 130, and an IP interface 128 for trans- 
mitting a voice-signal IP packet to the IP network 130 
and receiving a voice-signal IP packet from the IP net- 

io work 130. The VoIP terminal 102 has a structure similar 
to that of the VoIP terminal 101. 
[0008] A procedure for connecting the call of a VoIP 
terminal generally is carried out in phases as shown in 
Fig. 17. The procedure, which is described in Chapter 

« 8 of ITU-T Recommendation H.323 stipulating the H. 
323 procedure, can be divided into five phases, namely 
Phase A, Phase B, •-, Phase E. Each phase will now 
be described with regard to a case where voice is com- 
municated upon connecting terminals A and B together. 

50 

1. Phase A: Call Setup Phase 

[0009] This phase is a procedure through which 
agreement is obtained for the purpose of setting up a 
55 call between the two terminals. If the VoIP terminal 1 01 , 
which is the originating terminal, is operated by a user 
to issue acall, then the VoIP terminal 101 sendsaSetup 
message, which is for setting up the call, to the VoIP 
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terminal 102, and the latter responds to receipt of the 
Setup message by deciding whether or not to set up the 
call. II the call is set up, the VoIP terminal 102 notifies 
the VoIP terminal 101 of call set-up by a Connect mes- 
sage and reports also the address (connect address) 
that will be necessary in the ensuing Phase B. The de- 
tails of the procedure of Phase A will now be described 
with reference to Fig. 18. The latter is an example that 
makes use of the H.323 protocol. 
[001 0] First, a connection controller 1 41 in the control 
unit 1 20 of VoIP terminal 1 01 determines the destination 
using the IP address of an IP interface 127 of a control 
unit 1 21 in the VoIP terminal 1 02, edits an IP packet that 
contains a message (Set Up message 301) for request- 
ing call set-up and requests the IP interface 1 26 to trans- 
mit this IP packet. The IP interface 126 transmits the IP 
packet to the IP interface 127 of VoIP terminal 102. In 
this case, it is required that the control unit 120 know 
the IP address of the VoIP terminal B. In order to simplify 
the description, however, it will be assumed that the con- 
trol unit 120 already knows this IP address. A method 
of acquiring an IP address when the IP address is un- 
known is well known in the art and is described also in 
the H.323 documentation. 

[0011] Upon receiving the Set-Up message 301 from 
the VoIP terminal 101 , the IP interface 127 of VoIP ter- 
minal 1 02 delivers this request message to a connection 
controller 143 in the control unit 121. The connection 
controller 1 43 determines whether a call can be con- 
nected in response to the Set-Up message 301 and, if 
it determines that the call can be connected, sends back 
an answer message (Connect message 302) to the 
VoIP terminal 101. The Connect message 302 reports 
the IP address and port number to be contacted by the 
VoIP terminal 1 01 in Phase B. In the example of Fig. 1 6, 
the contact address is constituted by the IP address and 
port number necessary to communicate with a media 
controller 1 44 that exercises control in Phase B. Accord- 
ingly, the IP address of the IP interface 127 and the port 
number for selecting the media controller 144 are re^ 
ported to the VoIP terminal 101 as the contact address. 
Upon receiving the above-mentioned answer message, 
the VoIP terminal 1 01 in effect agrees with the other ter- 
minal to connect the call and delivers the privilege for 
subsequent control to a media controller 142 (Start 303 
in Fig. 1 8) together with the IP address and port number 
of the VoIP terminal 102 to be contacted. 

2. Phase B: Initial Communication and Capability 
Exchange 

[0012] The media controller 142 of VoIP terminal 1 01 
edits information necessary for voice communication, 
the information including (1) the voice encoding scheme 
of the VoIP terminal 101, (2) the IP address of the IP 
interface 128 that sends and receives voice packets, 
and (3) the port number of the IP packetizing unit 124, 
and sends this information (Open Logical Channel mes- 
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sage 304) to the destination indicated by the IP address 
and port number oi the VoIP terminal 102 that were re- 
ported through the procedure of Phase A. Upon receiv- 
ing this message, the media controller 1 44 of control unit 

5 121 in VoIP terminal 1 02 determines whether the voice 
encoding scheme on the side of VoIP terminal 102 
matches the requested encoding scheme. If the 
schemes match and voice communication is possible, 
the media controller 1 44 edits information necessary for 

to voice communication, the information including the IP 
address of an IP interface 129 of VoIP terminal 1 02 that 
sends and receives voice packets, and a port number 
for selecting a voice IP packetizing unit 125, and sends 
this information to the VoIP terminal 101 (Open Logical 

(5 Channel Ack 306). As a result of these operations, in- 
formation for communicating voice between the VoIP 
terminals 101, 102 is obtained on both sides. 
[0013] In a case where SIP (Session Initiation Proto- 
col) is used to make the connection instead of the H.323 

20 protocol, the sequence becomes as shown in Fig. 19. 
In this case, Phases A and B are consolidated and ex- 
pressed by a single message. Specifically, the connec- 
tion controller 141 of VoIP terminal 101 queries the me- 
dia controller 1 42 regarding the conditions usable in me- 

25 dia communication (401) and, as a result, information 
necessary for media communication, namely the voice 
encoding scheme of the VoIP terminal 101, the IP ad- 
dress of the IP packetizing unit 1 24 and the port number, 
etc., is obtained. The connection controller 141 sends 

30 the call set-up request, which is inclusive of this infor- 
mation, to the connection controller 1 43 of VoIP terminal 
102 (Invite message 402). Upon receiving the Invite 
message 402, the VoIP terminal 1 02 determines wheth- 
er the connection can be established and, if the connec- 

35 tion can be established, reports the conditions of VoIP 
terminal 1 01 to the media controller 1 44 of VoIP terminal 
102, acquires the conditions (403) on the side of VoIP 
terminal 102 from the media controller 144 and sends 
this information to the VoIP terminal 101 by an OK mes- 

io sage (404). In order to verify receipt of the OK message, 
the VoIP terminal 1 01 transmits an ACK message to the 
VoIP terminal 102 (416). 

[0014] The connection controller 141 of VoIP terminal 
101 delivers Ihe information of the OK message to the 
« media controller 142. As a result of these operations, 
information for communicating media between the VoIP 
terminals 101, 102 is obtained on both sides. 

3. Phase C: Establishment of Audiovisual 
so Communication 

[0015] The media controllers 142, 144 of the control 
units in both VoIP terminals notify the IP packetizing 
units 124, 125 of the destination IP addresses and port 
55 numbers, which are for sending and receiving voice 
packets, acquired through Ihe above-described proce- 
dure, and the IP packetizing units 1 24, 1 25 start sending 
the voice signal using the reported IP addresses and 
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port numbers as the destinations. Start messages 305, 
307 in Fig. 18 and Start messages 407, 408 in Fig. 19 
correspond to the parts of the procedure set forth above. 
[001 6] The voice packet arrives at the IP interface 1 29 
having the set IP address of the destination and the 
packet is input to the receiving-side IP packetizing unit 
1 25 selected by the specified port number. Next, the IP 
packetizing unit 1 25 converts the IP packet to a voice 
signal and a voice/signal converter 123 converts the 
voice signal to voice and outputs the same. The voice 
signal in the opposite direction is transmitted in a similar 
manner, whereby voice communication becomes pos- 
sible (308 in Fig. 18 and 409 in Fig. 19). 

4. Phase D: Call Service 

[0017] By changing the IP address of the communi- 
cating party to another IP address during a call, it is pos- 
sible with the communication established in Phase C to 
change the destination of the connection. Services such 
as third-party conversion and call transfer are imple- 
mented using this function. 

5. Phase E: Call Termination 

[0018] In order to release a connected call, the con- 
nection controller 141 on the calling side sends a re- 
lease request message (Release message 309 in Fig. 
1 8 and Bye message 41 0 in Fig. 1 9) to the VoIP terminal 
102 on the called side and instructs the IP packetizing 
unit 124 to terminate the sending of voice (313, 314 in 
Fig. 18 and 414, 415 in Fig. 19). Upon receiving the re- 
lease request message, the connection controller 143 
of the VoIP terminal 1 02 instructs the IP packetizing unit 
1 25 to halt the sending of voice (3 1 1 , 31 2 in Fig. 1 8 and 
41 2, 41 3 in Fig. 1 9) and sends a message to answer the 
release request (Release Ack 31 0 in Fig. 1 8 and OK 41 1 
in Fig. 19). As a result, the resources that were being 
used in the connection of the call are released and the 
call can be disconnected. 

[0019] If the VoIP terminal 1 01 that requested release 
cannot receive Release Ack 31 0 within a fixed period of 
time, this terminal resends the release request mes- 
sage. This makes it possible to release the call connec- 
tion reliably even in cases where the message has been 
lost. 

[0020] Fig. 20 is a diagram showing the network con- 
figuration of a conventional All-IP architecture inclusive 
of a wireless transmission segment. Here a mobile net- 
work inclusive of a wireless segment is constructed by 
a cellular telephone terminal 51 , which is a mobile sta- 
tion, a wireless base station 52, an SGSN (Serving 
GPRS Support Node) 53 and a GGSN (Gateway GPRS 
Support Node) 54. GPRS (General Packet Radio Serv- 
ice) is a function having 3GPP architecture that provides 
the mobile subscriber with a packet-data service. SGSN 
53 and GGSN 54 are both nodes having a gateway func- 
tion for a 3GPP core network furnished with a packet 
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service. SGSN 53 is provided on the side of the base 
station, GGSN 54 is provided on the side of an IP net- 
work 55 and both send and receive packets in accord- 
ance with the GTP protocol. 

5 [0021] Connected to the IP network 55 in addition to 
the GGSN 54 are an SIP proxy server 56, which per- 
forms connection control, and an IP telephone (IP Tel) 
57. Furthermore, a PSTN (Public Switched Telephone 
Network) 59 is connected to the IP network 55 via a me- 

10 dia gateway (MG) 58. 

[0022] In response to a request from a user to origi- 
nate a call, the cellular telephone terminal 51 creates an 
IP packet inclusive of an invite message in accordance 
with SIP/TCP/IP and sends the packet to the SIP proxy 

is server 56 via the wireless base station 52, SGSN 53, 
GGSN 54 and IP network 55 in the order mentioned. 
The SIP proxy server 56 obtains the IP address of the 
communication destination based upon information 
concerning the communicating party contained in the in- 

20 vite message and sends the invite message to this com- 
munication destination. If connection to the cellular tel- 
ephone terminal 51 is possible, the communication des- 
tination sends the IP packet, which includes an OK mes- 
sage, to the cellular telephone terminal 51 by way of the 

25 SIP proxy server 56. The cellular telephone terminal 51 
thenceforth places voice in an IP packet in accordance 
with RTP/UDP/IP and transmits this IP packet to the 
communicating party via the wireless base station 52, 
SGSN 53, GGSN 54 and I P network 55 in the order men 

30 tioned. The voice packet from the communicating party 
is received, returned to a voice signal and output. It 
should be noted that RTP stands for Real-time Trans- 
port Protocol. 

[0023] Thus, in conventional VoIP communication, 
35 the VoIP terminal is connected to the server (the SIP 
proxy server in Fig. 20) and control signals are ex- 
changed by the server and terminal to effect the con- 
nection between them. In this case, the server need only 
be connected to the IP network and therefore connec- 
ts tion control can be carried out utilizing any server that 
does not depend upon a telephone company. This is ad- 
vantageous in that flexible service can be provided. 
[0024] In summation, the following advantages (1 ) to 
(3) are obtained in accordance with VoIP communica- 
45 tion of the conventional All-IP architecture: 

(1) End-to-end control is possible. Service can be 
implemented by the functionality of a terminal or by 
the functionality of a node (server) that is independ- 

50 ent of a network 

(2) Because end-to-end control can be carried out, 
a mechanism for service implementation can be 
constructed independently of an IP network. Fur- 
ther, functions for implementing service can be uti- 

55 lized in common by various communication net- 
works and, hence, the cost of service implementa- 
tion can be reduced. 

(3) If IP data communication increases, so does da- 
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ta traffic and a strategy is instituted to increase the 
capacity of the IP network to cope with this. If the 
capacity of the IP network is enlarged, the amount 
of communication resources for special communi- 
cation such as voice communication declines in 
comparison with the capacity possessed by the IP 
network and it becomes unnecessary to set aside 



[0025] Nevertheless, VoIP communication of the con- 
ventional All-IP architecture has certain problems, 
which are as follows: 

(1) Human beings are sensitive to voice quality. It 
is necessary, therefore, to provide a high IP-com- 
munication quality in order to avoid a decline in 
voice quality as caused by delay of IP packets. With 
the prior art, however, measures for dealing with de- 
lay of IP packets are unsatisfactory and high-quality 
communication of voice cannot be achieved. A de- 
cline in quality due to delay is great especially when 
there is a segment in the communication path that 
does not possess sufficient bandwidth for data 
transmission. 

(2) An IP packet is composed of a header and pay- 
load, and overhead resulting from the header is 
large. The problem that arises is that efficient com- 
munication cannot be carried out in the case of 
voice communication where the amount of data in 
one IP packet is small. More specifically, with voice 
communication, it is necessary to send IP packets 
in short intervals (e.g., 20 ms) and therefore sophis- 
ticated functionality is needed to compress the 
header. This is not easy to furnish. 

(3) In instances where radio communication is 
used, as in the case of a cellular telephone, the data 
transmission bandwidth over the wireless segment 
of the transmission path is small. Delay over such 
a segment is large and degrades voice quality. In 
networks that have wireless segments, therefore, 
sophisticated techniques are required to implement 
IP communication with high quality. This is not easy. 

(4) In order to raise the voice quality of a cellular 
telephone, the signal is transmitted upon being sep- 
arated into a portion that is important for voice and 
a portion of lesser importance. If the same method 
is employed with communication of IP packets, 
however, the amount ot data contained in one IP 
packet diminishes even further and efficient trans- 
mission is difficult to accomplish. 

(5) As mentioned above, it is necessary to send IP 
packets at small intervals (e.g., 20 ms) in order to 
transmit voice using IP packets. As a consequence, 
the number of IP packets sent over a fixed period 
of time is large and the routers that transfer the IP 
packets require a high processing capability. In par- 
ticular, when a firewall is used to maintain security, 
processing for verifying all voice IP packets is re- 
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quired. The result is an increase in amount of 
processing, making a high-performance firewall 
necessary. This raises cost. 
(6) Though VoIP devices have proliferated, conven- 
s tional voice telephone equipment is still prevalent 
by far. This means that it is necessary to utilize con- 
ventional voice telephone facilities efficiently. How- 
ever, such facilities cannot be exploited satisfacto- 
rily with the conventional All-IP architecture. 

SUMMARY OF THE INVENTION 

[0026] Accordingly, an object of the present invention 
is to avoid a decline in voice quality as caused by delay 

« of IP packets. 

[0027] Another object of the present invention is to 
avoid a decline in voice quality even in a case where a 
transmission path includes a segment, e.g., a wireless 
segment, that does not have a sufficient data transmis- 

20 sion bandwidth. 

[0028] Another object of the present invention is to 
prevent a decline in voice quality and make it possible 
to provide flexible service. 

[0029] A further object of the present invention is to 
25 make it possible to set up calls and provide service 
through handling that is entirely the same as that of a 
conventional VoIP terminal. 

[0030] A further object of the present invention is to 
dispense with a highly sophisticated function for com- 
30 pressing headers for the purpose of improving upon the 
overhead ol headers. 

[0031] Yet another object of the present invention is 
to dispense with processing for verifying voice IP pack- 
ets in a firewall, 
35 [0032] Anotherobjectofthepresentinventionistouti- 
lize conventional voice communication equipments ef- 
fectively. 

[0033] Accord ing to a first aspect of the present inven- 
tion, there is provided a media communication system 

*o for performing media communication between first and 
second terminals, each of which is constructed so as to 
be capable of IP communication, via an IP network, the 
system comprising: (1) an IP packetizing unit for IP- 
packetizing and sending, to the IP network, a media sig- 

■<5 nal sent from the first terminal, and for converting an IP 
packet received from the IP network to a media signal 
and sending the media signal to the first terminal, and 
(2) a media signal transmitting unit for connecting a me- 
dia/signal converter, which is provided within the first 

so terminal, to the IP. packetizing unit, and for transmitting 
a media signal. The first terminal has, in addition to the 
media/signal converter for generating a media signal 
and receiving a media signal from the IP packetizing 
unit, a controller for controlling connection to the second 

55 terminal and for controlling sending/receiving of a media 
signal. When a call is generated, the controller (1) per- 
forms control in such a manner that the IP packetizing 
unit operates as its own IP packetizing unit and (2) con- 
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trols the media signal transmitting unit to connect the 
media/signal converter and the IP packetizing unit so as 
to make transmission of a media signal possible. Upon 
completion of the connection control, the controller (3) 
sends and receives media signals to and from the sec- 
ond terminal via the media/signal converter, the media 
signal transmitting unit, the IP packetizing unit and the 
IP network. 

[0034] In accordance with the first aspect of the 
present invention, the IP-packetization of voice takes 
place not in the terminal but in the IP packetizing unit 
disposed in close proximity to the IP network. As a re- 
sult, VoIP communication with little degradation of voice 
quality is possible. Moreover, it is possible to carry out 
end-to-end control, which is one of the merits of VoIP 
communication, thereby enabling the provision of flexi- 
ble service. 

[0035] Further, in accordance with the first aspect of 
the present invention, even if there is a segment of the 
communication path that does not have suflicient data 
transmission bandwidth, e.g., a wireless segment, voice 
is transmitted over this segment as it is without being 
converted to a voice IP packet. As a result, delay of IP 
packets can be reduced and a decline in voice quality 
can be avoided. In addition, since delay of IP packets 
can be reduced, the size of overhead in the header of 
an IP packet does not present a problem and it is pos- 
sible to dispense with a highly sophisticated header 
compression function. 

[0036] Further, in accordance with the lirst aspect of 
the present invention, voice is transmitted as it is using 
a public network or mobile network without relying upon 
IP packetizing over segments that do not possess suf- 
ficient data transmission bandwidth. As a result, con- 
ventional voice telephone equipment can be utilized ef- 
fectively. 

[0037] Further, since a terminal in the present inven- 
tion can be provided with an interface exactly the same 
as that of the conventional VoIP terminal, it is possible 
to set up calls and provide service through handling that 
is exactly the same as that of the usual VoIP terminal. 
[0038] According to a second aspect of the present 
invention, there is provided a media communication sys- 
tem for performing media communication between first 
and second terminals, each of which is constructed so 
as to be capable of IP communication, via an IP network, 
the system comprising; (1 ) a public IP network to which 
the first terminal is connected; (2) a private VoIP network 
(intracorporate IP network) to which the second terminal 
is connected and which is capable of IP media commu- 
nication by an extension; (3) a firewall provided between 
the public IP network and the intracorporate IP network; 
(4) an IP packetizing unit for IP-packetizing and sending, 
to the intracorporate IP network, a media signal sent 
from the first terminal, and for converting an IP packet 
received from the intracorporate IP network to a media 
signal and sending the media signal to the first terminal; 
and (5) a media signal transmitting unit for connecting 



a media/signal converter, which is provided within the 
first terminal, to the IP packetizing unit, and for transmit- 
ting a media signal. 

[0039] The first terminal has, in addition to the media/ 
s signal converter for generating a media signal and re- 
ceiving a media signal from the IP packing unit, a con- 
troller for controlling connection to the second terminal 
and for controlling sending/receiving of a media signal, 
when a call is generated, the controller ( 1 ) performs con- 
10 trol in such a manner that the IP packetizing unit oper- 
ates as its own IP packetizing unit and (2) controls the 
media signal transmitting unit to connect the media/sig- 
nal converter and the IP packetizing unit so as to make 
transmission of a media signal possible. Upon compte- 
rs tion of the connection conlrol, the controller (3) sends 
and receives media signals to and from the second ter- 
minal via the media/signal converter, the media signal 
transmitting unit, the IP packetizing unit and the intrac- 
orporate IP network. 
20 [0040] In accordance with the second aspect of the 
present invention, it is possible for an enterprise having 
a VoIP-based extension to communicate just as if a con- 
nection has been made to the extension from the out- 
side using an existing telephone network. This makes 
?5 possible the implementation of highly effective means 
for use as intracorporate communication means. 
[0041] According to a third aspect of the present in- 
vention, there is provided a media communication sys- 
tem tor performing media communication between first 
30 and second terminals, each of which is constructed so 
as to be capable of IP communication, via an IP network, 
the system comprising: (1 ) an intracorporate, closed in- 
ternal IP network (such as intracorporate IP network) to 
which the first terminal is connected and which is capa- 
35 ble of IP media communication; (2) a public IP network 
to which the second terminal is connected; (3) a firewall 
provided between the intracorporate IP network and the 
external IP network (public IP network); and (4) IP-pack- 
et relay means provided between the intracorporate IP 
40 network and public IP network for relaying only IP pack- 
ets of a media signal that bypasses the firewall. The first 
terminal has an IP packetizing unit for IP-packetizing a 
media signal and sending it to the internal IP network, 
and for converting an IP packet received from the inter- 
ns nal network to a media signal; and a controller for con- 
trolling connection to the second terminal and for con- 
trolling sending/receiving of a media signal when a call 
is generated. When a call is generated, the controller 
(1) performs control via the intracorporate IP network, 
so firewall and public IP network in such a manner that the 
IP-packet relay means operates as its own relay means 
and (2) controls connection via the intracorporate IP net- 
work, IP-packet relay means and public IP network in 
such a manner that a media signal is capable of being 
55 transmitted. Upon completion of connection control, the 
controller (3) sends and receives media signals to and 
from the second terminal via the intracorporate IP net- 
work, IP-packet relay means and public IP network. 
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[0042] In accordance with the third aspect of the 
present invention, it is possible to dispense with 
processing for verifying voice IP packets at the firewall. 
This makes it possible to reduce the amount of firewall 
processing, to dispense with the need to provide the fire- 5 
wall with sophisticated functionality and to hold down 
cost. 

[0043] According to a fourth aspect of the present in- 
vention, there is provided a signal conversion apparatus 
provided in a radio base-station facility and connected "> 
to an asynchronous communication network (e.g., an IP 
network) which is controled by the terminal using the 
control signals sent from the terminal. The signal con- 
version apparatus comprises: (1) first conversion 
means for converting a synchronous voice signal, which is 
the base station has received from a mobile station via 
a radio channel, to an asynchronous voice signal direct- 
ed to a destination that has been set; (2) first sending 
means for sending the asynchronous voice signal ob- 
tained by the conversion to the asynchronous commu- 20 
nication network; (3) second conversion means for re- 
ceiving an asynchronous voice signal from the set des- 
tination via the asynchronous communication network 
and converting this signal to a synchronous voice signal; 
and (4) second sending means for sending the synchro- & 
nous voice signal obtained by the conversion to the ra- 
dio base station in such a manner that this signal will be 
transmitted to the mobile station via the radio channel. 
[0044] According to a fifth aspect of the present inven- 
tion, there is provided a terminal apparatus in a media 30 
communication system for sending and receiving media 
signals between terminals via an IP packetizing unit for 
IP-packetizing a media signal and sending it to an IP 
network and for converting an IP packet received from 
the IP network to a media signal, a media signal trans- 35 
mitting unit for transmitting a media signal between a 
terminal and the IP packetizing unit, and the IP network, 
the terminal apparatus comprising: (1) a media/signal 
converter for generating and sending a media signal and 
receiving a media signal from the IP packetizing unit via 10 
the media signal transmitting unit, and (2) a controller 
which, when a call is generated, is for performing control 
in such a manner that the IP packetizing unit operates 
as its own IP packetizing unit and for controlling the me- 
dia signal transmitting unit to connect the media/signal « 
converter and the IP packetizing unit. 
[0045] In accordance with the fourth and fifth aspects 
of the present invention, it is possible to provide a ter- 
minal apparatus and a signal conversion apparatus that 
can be used in the first to third aspects of the present so 
invention. 

[0046] Other features and advantages of the present 
invention will be apparent from the following description 
taken in conjunction with the accompanying drawings, 
in which like reference characters designate the same 55 
or similar parts throughout the figures thereof. 



BRIEF DESCRIPTION OF THE DRAWINGS 
[0047] 

Fig. 1 is a block diagram showing the construction 
of a first embodiment of the present invention; 
Fig. 2 is a block diagram showing an example of 
implementation (an example using a telephone net- 
work) of voice signal transmitting means according 
to the first embodiment; 

Fig. 3 is a diagram useful in describing a procedure 
for connecting a VoIP call; 
Fig. 4 shows a VoIP call connection sequence (in 
case of H.323) when a call is originated; 
Fig. 5 shows a sequence for connecting a voice/sig- 
nal converter and an IP packetizing unit; 
Fig. 6 shows a VoIP call connection sequence (in 
case of SIP) when a call is originated; 
Fig. 7 shows a VoIP call connection sequence (in 
case of H.323) at the time of an incoming call; 
Fig. 8 shows a VoIP call connection sequence (in 
case of SIP) at the time of an incoming call; 
Fig. 9 is a block diagram showing an example of 
implementation of voice signal transmitting means 
according to a second embodiment; 
Fig. 10 shows a VoIP call connection procedure for 
a case where an IP packetizing unit (media gate- 
way) is disposed within a public network; 
Fig. 11 shows a sequence for connecting a voice/ 
signal converter and a media gateway; 
Fig. 1 2 is a block diagram illustrating a modification 
of the second embodiment; 
Fig. 13A is a block diagram showing the construc- 
tion of a third embodiment of the present invention; 
Fig. 13B is a partial block diagram of a signal con- 
version apparatus; 

Fig. 13C is a block diagram illustrating a modifica- 
tion of the third embodiment; 
Fig. 14 is a block diagram illustrating a fourth em- 
bodiment ol the present invention; 
Fig. 1 5 is a block diagram illustrating a fifth embod- 
iment of the present invention; 
Fig. 1 6 is a block diagram illustrating ordinary VoIP 
according to the prior art; 

Fig. 1 7 is a diagram useful in describing a procedure 
for connecting VoIP calls according to the prior art; 
Fig. 18 shows a VoIP call connection sequence (in 
case of H.323) according to the prior art; 
Fig. 19 shows a VoIP call connection sequence (in 
case of SIP) according to the prior art; and 
Fig. 20 is a diagram showing All-IP architecture ac- 
cording to the prior art. 
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DESCRIPTION OF THE PREFERRED 
EMBODIMENTS 

(A) Overview of the invention 

•Media communication according to the invention 

[0048] Fig. 1 is a block diagram showing the configu- 
ration of a media communication system according to a 
first embodiment of the present invention. Media com- 
munication (e.g. , voice communication) is carried out via 
an IP network 130 between a terminal 103 (terminal A) 
and a terminal 1 02 (terminal B) each of which is capable 
of performing IP communication. The media communi- 
cation system includes: an IP packetizing unit 150 for 
IP-packetizing and sending, to the IP network 130, a 
voice signal sent from terminal A, and for converting an 
IP packet received from the IP network 130 to a voice 
signal and sending the voice signal to terminal A, and a 
voice signal transmitting unit 1 60 for connecting a voice/ 
signal converter 122, which is provided within terminal 
A, to the IP packetizing unit 150, and for sending voice 
signals. The terminal A has, in addition to the voice/sig- 
nal converter 122, a control unit 120 for controlling con- 
nection to the other terminal 102 and for controlling 
sending/receiving of voice signals when a call is gener- 
ated. 

[0049] When a call is generated, terminal A performs 
control in such a manner that the IP packetizing unit 1 50 
operates as its own IP packetizing unit and controls the 
voice signal transmitting unit 160 to connect the voice/ 
signal converter 122 and the IP packetizing unit 150 so 
as to make transmission of a voice signal possible. Upon 
completion of the connection, the terminal A sends and 
receives voice signals to and from terminal B, which is 
the destination of communication, via the voice/signal 
converter 1 22, the voice signal transmitting unit 1 60, the 
IP packetizing unit 150, an IP interface 151 and the IP 
network 130. 

[0050] More specifically, when the control unit 120 
performs connection control, the controller (1) commu- 
nicates with the IP packetizing unit 150 via the IP inter- 
face 126 and IP network 130 to acquire the IP address 
and port number of the IP packetizing unit 150, (2) re- 
ports this IP address and port number to terminal B at 
the destination via the IP network 130, and (3) receives 
the IP address and port number of terminal B from ter- 
minal B and reports these to the IP packetizing unit 1 50. 
(4) The IP packetizing unit 150 receives and packetizes 
a voice signal from the voice/signal converter 122 via 
the voice signal transmitting unit 160 and sends the re- 
sulting packet to the IP network 130 using the IP address 
and port number of terminal B as the destination. (5) 
Meanwhile, terminal B at the destination sends a voice- 
signal IP packet to the IP network 130 using the IP ad- 
dress and port number of the IP packetizing unit 1 50 as 
the destination, and (6) the IP packetizing unit 150 re- 
stores the IP packet received from the IP network to a 
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voice signal and sends the voice signal to the voice/sig- 
nal converter 122 via the voice signal transmitting unit 
160, whereby the voice signal is output as voice from a 
speaker or the like, not shown. 

5 [0051] If the above-described arrangement is adopt- 
ed, the IP-packetization of voice is performed not in the 
terminal 103 but in the IP packetizing unit 150 (signal 
conversion apparatus 155) disposed in close proximity 
to the IP network 130. As a result, VoIP communication 

to with little degradation of voice quality is possible. More- 
over, it is possible to carry out end-to-end control, which 
is one of the merits of VoIP communication, thereby en- 
abling the provision ol flexible service. 

is Voice signal transmitting unit 1 60 

[0052] The voice signal transmitting unit 1 60 is imple- 
mented by a public telephone, as shown by way of ex- 
ample in Fig. 2. To accomplish this, telephones 162, 1 63 

io and telephone controllers 165, 166 are provided on the 
side of terminal A and on the side of the IP packetizing 
unit 150 and the control unit 120 of terminal A controls 
these telephone controllers to connect the voice/signal 
converter 122 and IP packetizing unit 1 50 in such a man- 

25 nerthat voice signals can be transmitted between them. 
[0053] In this case, the voice signal transmitting unit 
1 60 can be implemented using a mobile communication 
network as the public telephone network, as illustrated 
in Fig. 13A. Since a mobile communication network is 

30 capable of communication with includes the communi- 
cation of data, the communication means between ter- 
minal A and the IP network can be implemented using 
this mobile communication network. As a result, when 
a mobile communication network is employed, it is pos- 

35 sible for the transmission of IP packets and the trans- 
mission of media (voice, images, etc.) to be achieved 
using the same mobile communication network. This 
makes it possible to realize more efficient communica- 

io [0054] If voice is transmitted by the voice signal trans- 
mitting unit 160 using a public telephone network, the 
connection between the voice/signal converter 122 and 
the IP packetizing unit 1 50 is implemented by an outgo- 
ing call from the side of the IP packetizing unit 150, 

is thereby achieving the voice transmission. If this ar- 
rangement is adopted, the above-mentioned connec- 
tion using a selected prescribed telephone can readily 
be achieved even if a plurality of telephones are con- 
nected to the IP packetizing unit 150. A further advan- 

50 tage is that this can be performed automatically. 
[0055] Further, if voice is transmitted by the voice sig- 
nal transmitting unit 160 using a public telephone net- 
work, the connection between the voice/signal convert- 
er 122 and the IP packetizing unit 150 is implemented 

55 by an outgoing call from the telephone 163 (Fig. 2) on 
the terminal side, thereby achieving the voice transmis- 
sion. If this arrangement is adopted, the telephone 
number of the telephone 1 62 on the side of the IP pack- 
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etizing unit 1 50 is allowed to be acquired by the terminal 
103 in advance, as a result of which the above-men- 
tioned connection can be made automatically by making 
a transmission to this telephone number. Further, the 
charge to the originating terminal A for voice transmis- 
sion over the public telephone network can readily be 
billed using the billing function of the public telephone 
network. 

• IP packetizing unit 150 

[0056] The IP packetizing unit 1 50 is placed within the 
pubic network and the connection for transmitting voice 
between the terminal 103 and the IP packetizing unit 
1 50 is made using the functionality of the public network. 
A media gateway (MG) 171 disposed in the public net- 
work in the manner shown in Fig. 9 is used as the IP 
packetizing unit 150, and the voice connection between 
the media gateway MG and voice/signal converter 122 
of terminal A is implemented using a switch 170 in the 
public network. The media gateway MG is controlled by 
a media gateway controller (MGC) 712 in accordance 
with a predetermined protocol. In order for the terminal 
103 to control the media gateway MG as the IP pack- 
etizing unit, therefore, this is implemented via the media 
gateway controller MGC. 

[0057] The media gateway controller MGC and the 
switch 1 70 are connected by an ordinary public-network 
signaling system, e.g., Common Channel Signaling 
System No. 7. Control for connecting voice calls can be 
carried out by such signaling. Though a scheme for im- 
plementing VoIP communication that uses the media 
gateway MG and media gateway controller MGC is 
known, the scheme of the present invention differs in 
that the connection from the media gateway MG to ter- 
minal B is implemented by having terminal A communi- 
cate directly with terminal B or with a server (e.g., an 
SIP proxy server) that performs VoIP voice control. With 
the conventional scheme, basically the control of a con- 
nection from the media gateway MG to terminal B is per- 
formed by the media gateway controller MGC. 
[0058] In a case where voice is transmitted via the 
voice signal transmitting unit 1 60 constituted by the pub- 
lic telephone network, the connection between the 
voice/signal converter 122 and media gateway 171 is 
implemented by a call that originates from the media 
gateway controller 172, thereby allowing voice trans- 
mission to take place. Generally speaking, the media 
gateway MG is connected to the switch 170 via a plu- 
rality of lines. Even this case an advantage is that a pre- 
scribed line can be selected and readily connected by 
placing a call from the media gateway controller MGC. 
[0059] Further, in a case where voice is transmitted 
via the voice signal transmitting unit 160 constituted by 
the public telephone network, the connection between 
the voice/signal converter 122 and media gateway 171 
is implemented by a call that originates from the tele- 
phone 163 on the terminal side. In order to effect the 
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connection to the pertinent line of the media gateway 
MG in this case, the media gateway controller MGC pre- 
viously assigns a number to each line and notifies the 
terminal 103 of the numerals to be dialed, inclusive of 

5 the assigned number. The applicable line is selected by 
this number. If this arrangement is adopted, the charge 
for voice transmission over the public telephone network 
can readily be billed on the side of the originating termi- 
nal using the functionality of the public telephone net- 

io work. 

•Virtual MGC 

[0060] As shown in Fig. 12, the control unit 120 of ter- 
)5 minal A is provided with a control function similar to that 
ol the media gateway controller (MGC) 1 72, and the el- 
ements from the telephone 163 on the side of terminal 
A to the media gateway (MG) 171 are regarded as one 
virtual media gateway 200. If this arrangement is adopt- 
20 ed, terminal A can control the virtual media gateway 200 
utilizing a protocol (Megaco protocol) the same as that 
which the media gateway controller MGC uses to control 
the media gateway MG. By virtue of this arrangement, 
a protocol for controlling the media gateway controller 
25 MGC from terminal A need not be defined anew; the 
connection of the voice signal transmitting unit can be 
set up utilizing the already delined Megaco protocol. 

■Utilization of mobile communication network 

30 

[0061] The voice signal transmitting unit 160 can be 
implemented by a mobile communication network in the 
manner shown in Fig. 13A. Because a terminal (A) 1 04 
and a radio base station 1 81 are connected wirelessly 

35 in an mobile communication network, the IP packetizing 
unit 1 50 is placed in the radio base station or in the base- 
station control office. Further, since the mobile terminal 
and the radio base station or base-station control office 
exchange control signals to connect a call in a mobile 

to communication network, the communication of control 
signals between the terminal (A) 104 and IP packetizing 
unit 150 can be performed using means the same as 
those which effect the exchange of control signals. 
[0062] Further, il the voice signal transmitting unit 1 60 

« is implemented by a mobile communication network, 
then, in a manner similar to that where the voice signal 
transmitting unit 160 is implemented by the public tele- 
phone network, the media gateway (MG) 171 is placed 
in the manual transmission as the IP packetizing unit 

so 150, the terminal (A) 1 04 and the media gateway (MG) 
171 are connected via the radio base station or base- 
station control office, and control of the media gateway 
MG can be carried out by the media gateway controller 
(MGC) 172. 

55 [0063] If the terminal A is implemented by a mobile 
communication terminal, the terminal A is provided with 
the control function of the media gateway controller MG 
and the elements from the voice/signal converter 122 of 
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terminal A to the media gateway MG placed in the net- 
work are regarded as one virtual media gateway. If this 
arrangement is adopted, mobile terminal can control the 
virtual media gateway utilizing a protocol (the Megaco 
protocol) the same as that which the media gateway 
controller MGC uses to control the media gateway MG. 

•Arrangement for connecting to communication- 
destination terminal via private VoIP (intracorporate IP 
network) 

[0064] If a network (private VoIP network) 1 90 that is 
capable of IP media communication over a closed ex- 
tension is present within a corporation or business, as 
shown in Fig. 14, it is necessary to adopt an arrange- 
ment in which media is communicated from the external 
terminal 103 to the internal terminal 102 via the private 
VoIP network (intracorporate IP network). To this end, 
the media communication system is provided with: (1) 
the public IP network 130 to which the external terminal 
(first terminal) 103 is connected; (2) the intracorporate 
IP network 190 to which the internal terminal (second 
terminal) 102 is connected; (3) a firewall 19'1 provided 
between the intracorporate IP network and the public IP 
network; (4) the IP packetizing unit 150 for IP-packetiz- 
ing a voice signal sentfrom the first terminal and sending 
it to the intracorporate IP network, and for converting an 
IP packet received from the intracorporate IP network 
to a voice signal; and (5) the voice signal transmitting 
unit 160 for connecting the voice/signal converter 122, 
which is provided in the first terminal, to the IP packetiz- 
ing unit 150 to thereby transmit a voice signal. 
[0065] The first terminal 1 03 ( 1 ) performs control via 
the IP network 130, firewall 191 and intracorporate IP 
network 190 in such a manner that the IP packetizing 
unit 1 50 operates as its own IP packetizing unit when a 
call is generated, and (2) controls the voice signal trans- 
mitting unit 160 in such a manner that the internal voice/ 
signal converter 122 and IP packetizing unit 150 are 
connected. (3) Upon completion of connection control, 
the first terminal 103 sends and receives voice signals 
to and from the second terminal 1 02 via the voice/signal 
converter 122, voice signal transmitting unit 160, IP 
packetizing unit 150 and intracorporate IP network 1 90. 
As a result, the first terminal 103 can send voice signals 
using the intracorporate IP network 1 90 just as if it were 
connected directly to the intracorporate IP network 1 90, 
without the intervention of the firewall 1 91 . In this case, 
the voice signal transmitting unit can be implemented 
by a public telephone network and mobile communica- 
tion network. 

•Arrangement for bypassing firewall 

[0066] The amount of processing associated with a 
firewall can be reduced by so arranging that voice IP 
packets will not traverse the firewall. To this end, the me- 
dia communication system includes the following, as 



shown in Fig. 15: (1) an intracorporate, closed internal 
IP network (intracorporate IP network) 196 to which the 
first terminal 101 is connected and which is capable of 
IP media communication; (2) the external IP network 

s (public IP network) 1 30 to which the second terminal 1 02 
is connected; (3) a firewall 195 provided between the 
intracorporate IP network 1 96 and the public IP network 
130; and (4) IP-packet relay means 197 provided be- 
tween the intracorporate IP network 196 and public IP 

io network 130 for bypassing the firewall 1 95. The first ter- 
minal 101 performs control via the intracorporate IP net- 
work 196. firewall 195 and IP network 130 in such a 
manner that, when a call is generated, the IP-packet re- 
lay means 197 operates as its own IP-packet relay 

'5 means, and (2) controls connection in such a manner 
that a media signal is capable of being transmitted via 
the intracorporate IP network 196, IP-packet relay 
means 197 and public IP network 130. (3) Upon com- 
pletion of the connection, the first terminal 101 sends 

*o and receives media signals to and from the second ter- 
minal 102 via the intracorporate IP network 196, IP- 
packet relay means 197 and public IP network 130. 

(B) First embodiment 

25 

(a) Overall construction 

[0067] Fig. 1 is a block diagram illustrating the overall 
construction of a first embodiment of the present inven- 
30 tion. Here the terminal 103 (terminal A) and the VoIP 
terminal 102 (terminal B) are constructed so as to be 
capable of IP communication. Communication of madia 
is performed between the two terminals via the IP net- 
work 1 30. The terminal 1 03 includes the control unit 1 20 
35 for performing connection control and media control, the 
IP interface 126 which allows the control unit 120 to 
transmit control signals via the IP interface 126, and the 
voice/signal converter 122 for performing the conver- 
sion between voice and an electric signal. The VoIP ter- 
io minal 102 includes the controller 121 for performing con- 
nection control and media control, the voice/signal con- 
verter 123 for performing the conversion between voice 
and an electric signal, the IP packetizing unit 1 25 which 
functions to place voice signals in IP packets, and the 
« IP interfaces 127, 129. The control unit 120 of terminal 
A has the connection controller 1 41 for performing con- 
nection control and the media controller 1 42 for perform- 
ing media control, and the controller 121 of terminal B 
has the connection controller 143 for performing con- 
so nection control and the media controller 1 44 for perform- 
ing media control. 

[0068} The IP packetizing unit 1 50 of the signal con- 
version apparatus 155, which is provided externally of 
the terminal 103, IP-packetizes a voice signal, which is 
55 sent from the terminal 1 03, and sends the IP packet in 
the direction of the terminal 1 02 via the IP interface 1 51 
and IP network 130. The IP packetizing unit 1 50 further 
converts an IP packet received from the IP network 130 
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to a voice signal and sends the voice signal in the direc- 
tion of the terminal 103. The voice signal transmitting 
unit 1 60 connects the voice/signal converter 1 22, which 
is provided within terminal 1 03, to the IP packetizing unit 
150, and sends voice signals in both directions. 

(b) Construction of voice signal transmitting unit 160 

[0069] Fig. 2 is a block diagram showing an example 
of implementation of the voice signal transmitting unit 

160 of Fig. 1 . This is for a case where the voice signal 
transmitting unit 160 is implemented by a public tele- 
phone network. The voice signal transmitting unit 160 
includes a public telephone network 1 61 ; the telephone 
162 on the side of the IP packetizing unit 150 and the 
telephone 1 63 on the side of terminal 103, both of which 
are connected to the public telephone network 161; tel- 
ephone controllers 164, 165 for controlling the tele- 
phones 162, 163, respectively; and an IP interface 166 
for connecting the telephone controller 1 64 to the IP net- 
work 130. The telephone 162 is provided between the 
public telephone network 1 61 and the IP packetizing unit 
150, and the telephone 163 is provided between the 
voice/signal converter 1 22 and the public telephone net- 
work 161. 

[0070] The media controller 142 of control unit 120 in 
terminal 1 03 is connected directly to the telephone con- 
troller 165. The latter is capable of controlling the tele- 
phone 1 63. The voice/signal converter 1 22 is connected 
to the telephone 1 63 and is so adapted as to be capable 
of sending and receiving voice signals to and from the 
IP packetizing unit 1 50 via the public telephone network 

161 and telephone 162. A voice signal is the result of 
converting the voice of the user to an electric signal. As 
mentioned above, voice signals can be sent to and re- 
ceived from a communicating party through the ordinary 
telephones 1 62, 1 63 and public telephone network 161. 
In the case of other media signals such as image sig- 
nals, signals in the voice band are transmitted upon be- 
ing modulated, whereby these can be transmitted 
through the telephones and public telephone network. 
[0071 ] The telephone controller 1 64 controls the tele- 
phone 1 62 connected to the IP packetizing unit 1 50. The 
telephone controller 164 is connected to the IP network 
130 by the IP interface 166 and is capable of sending 
and receiving control signals to and from the media con- 
troller 142 of terminal 103 via the IP network 130. The 
IP packetizing unit 150 is connected to the IP network 
130 via the IP interface 151. As a result of these con- 
nections, the media controller 1 42 of terminal A is capa- 
ble of controlling the IP packetizing unit 1 50 by sending 
and receiving control signals to and from the IP pack- 
etizing unit 150 via the IP network 130. 

(c) Connection sequence 

[0072] As shown in Fig. 3, the VoIP connection se- 
quence of the present invention has an additional phase 
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S as compared with the conventional VoIP connection 
sequence (see Fig. 17). In Phase S, the voice signal 
transmitting unit 160 is controlled to connect the voice/ 
signal converter 122 of terminal 103 with the IP pack- 

s etizing unit 1 50. It is not necessary to execute this phase 
for each individual call; the phase can be used jointly by 
multiple calls. In other words, once the voice/signal con- 
verter 1 22 of the originating terminal A and the IP pack- 
etizing unit 150 have been connected in the phase, a 

io plurality of callscan be connected using thisconnection. 

1. Phase S: Media Connection Setup 

[0073] Phase S is a phase that precedes the connec- 
15 tion of a call. As mentioned above, this phase controls 
the voice signal transmitting unit 160 to connect the 
voice/signal converter 122 of terminal 103 and the IP 
packetizing unit 150 and makes it possible to IP-pack- 
etize a voice signal by the IP packetizing unit 1 50. After 
so the procedure of Phase S is completed, the connection 
sequence is identical with that of ordinary VoIP commu- 
nication shown in Fig. 18 and a call can be set up 
through a similar procedure. It is possible to set up mul- 
tiple calls as well. 
25 [0074] Fig. 4 is a diagram useful in describing the con- 
nection sequence of a VoIP call when the call is origi- 
nated . Fig. 4 employs the H.323 protocol. If the user per- 
forms an operation to originate a call, the connection 
controller 1 41 of terminal 1 03 orders the media control- 
so ler 1 42 to prepare for media communication (i.e., sends 
a Preparation message 330) before the connection is 
established. Upon receiving the Preparation message 
330, the media controller 142 sends a Request mes- 
sage 331 to the IP packetizing unit 150 to request re- 
35 sources lor converting voice to an IP packet. In re- 
sponse to this request, the IP packetizing unit 1 50 sends 
back, by way of a Response message 332, the neces- 
sary information such as the IP address and port 
number of the packetizing unit that performs the IP pack- 
<o etizing, and the encoding scheme used when the voice 
signal is IP-packetized. The IP packetizing unit 150 re- 
ports both the IP address and port number of the tele- 
phone controller 164 of its own connected telephone 
162. 

45 [0075] Next, the media controller 142 sends a Con- 
nect Request message 341 to the voice signal transmit- 
ting unit 1 60 via the IP network 1 30 to connect the voice/ 
signal converter 122 of terminal 103 and the IP pack- 
etizing unit 1 50, and the telephone controller 1 64 sends 

so a Connect Complete message to the media controller 
142 at completion of the connection. 
[0076] This will be described in greater detail with ref- 
erence to Fig. 5. The media controller 142 reports the 
telephone number of telephone 163 connected to the 

55 voice/signal converter 122 to the telephone controller 
164 having the IP address and port number acquired 
through the above-described procedure and requests 
origination of a call to this telephone number via the IP 
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network (Connect Request 441 in Fig. 5). Further, the 
media controller 142 requests the telephone controller 
1 65 of telephone 1 63 on the side of the voice/signal con- 
verter 1 22 to answer if there is an incoming call (answer 
preparation message 510 in Fig. 5). By virtue of the 
above operation, the telephone controller 164 requests 
the telephone 162 to originate a call to telephone 163 
(501 ). The telephone 162 originates the call and the in- 
coming call arrives at the telephone 163 (502). When 
the call arrives, the telephone 163 so notifies the tele- 
phone controller 165 (503). Upon being notified of the 
incoming call, the telephone controller 1 65 requests that 
an incoming-call response be sent to the telephone 1 62, 
thereby completing the connection (503 to 505). 

2. Phase A: Call Setup Phase 

[0077] Phases from Phase A onward constitute a con- 
nection procedure that basically is the same as that of 
the prior art. This phase is a procedure through which 
agreement is obtained for the purpose of setting up a 
call between the terminals A and B. The originating ter- 
minal (A) 103 sends a call set-up response to the call- 
terminating terminal (B) 102 by the Set-Up message 
301, and the terminal B decides whether or not to set 
up the call. If the call is set up, the terminal 102 notifies 
the originating terminal 103 of call set-up by Connect 
message 302 and reports also the address (connect ad- 
dress) used in the ensuing Phase B. The details of the 
procedure of Phase A will now be described with refer- 
ence to Fig. 4 on the basis of Fig. 1 . 
[0078] First, the connection controller 1 41 of the con- 
trol unit 1 20 in terminal A edits an IP packet in which has 
been placed a message (Set-Up message 301 ) request- 
ing the set-up of a call the destination whereof is the IP 
address of the IP interface 127 of controller 121 in the 
VoIP terminal B of the communicating party. The con- 
nection controller 141 requests the IP interface 126 to 
transmit this IP packet. The IP interface 126 transmits 
the IP packet in the direction of the IP interface 127 via 
the IP network. 

[0079] Upon receiving the call set-up request mes- 
sage from the terminal 1 03 via the IP interface 1 27, the 
terminal 102 delivers this request message to the con- 
nection controller 1 43 of the control unit 1 2 1 . The con- 
nection controller 143 decides whether this call set-up 
request can be answered and, if it can be answered, 
sends an answer message (Connect message 302) 
back to terminal A via the IP network. The contact ad- 
dress (IP address and port number) used in the ensuing 
Phase B is reported at this time. In the example of Fig. 
1 , the Connect message 302 reports the IP address and 
port number necessary to communicate with the media 
controller 144 that exercises control in Phase B. 
[0080] Upon receiving the above-mentioned answer 
message, the connection controller 141 of terminal 103 
in effect agrees with terminal 1 03 to connect the call and 
delivers the privilege for subsequent control to the me- 
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dia controller 1 42 together with the IP address and port 
number (contact address) of the terminal 102 used in 
the ensuing Phase B (Start 303). 

s 3. Phase B: Initial Communication and Capability 
Exchange 

[0081] The media controller 1 42 of terminal 1 03 that 
obtained the control privilege edits an IP packet having 

io information necessary for voice communication, the in- 
formation including (1) information indicating the voice 
encoding scheme of terminal A, (2) the IP address of 
the IP interface 1 51 that sends and receives voice pack- 
ets, and (3) the port number of the IP packetizing unit 

'5 1 50, and sends this information (Open Logical Channel 
message 304) to the destination indicated by the IP ad- 
dress and port number of terminal B that were reported 
through the procedure of Phase A. It should be noted 
that the IP address and port number of (1), (2) above 

20 constitute information already obtained from the IP 
packetizing unit 1 50 through the procedure of Phase S. 
[0082] Upon receiving the Open Logical Channel 
message, the media controller 144 of control unit 121 in 
terminal 102 determines whether the voice encoding 

25 scheme on the side of terminal B matches the requested 
encoding scheme. If the schemes match and voice com- 
munication is possible, the terminal 102 edits an IP 
packet having information necessary for voice commu- 
nication, the information including the IP address of the 

30 |p interface 1 29 that sends and receives voice packets, 
and a port number for selecting the voice IP packetizing 
unit 125, and sends this IP packet to the terminal 10e 
(Open Logical Channel Ack 306). As a result of these 
operations, information for communicating voice be- 

35 rween both VoIP terminals A and B is obtained on both 

[0083] The foregoing is an example in which the H. 
323 protocol is used. However, a connection can be es- 
tablished using SIP (Session Initiation Protocol) instead 

<o of this protocol. In such case the sequence becomes as 
shown in Fig. 6 by way of example. In this sequence. 
Phases A and B are consolidated and expressed by a 
single message. Specifically, the connection controller 
141 of terminal 1 03 queries the media controller 142 re- 

« garding the conditions usable in media communication 
(401) and, as a result, information necessary for media 
communication, namely (1 ) the voice encoding scheme 
of terminal A, (2) the IP address of the IP interface 1 51 
and (3) port number of the IP packetizing unit 1 50, etc., 

so is obtained. Next, the connection controller 141 sends 
the a connection set-up request message, which is in- 
clusive of this information, to the connection controller 
143 of terminal B (Invite message 402) via the IP net- 
work. Upon receiving the Invite message 402, the media 

55 controller 1 42 of terminal B determines whether the con- 
nection can be established and, if the connection can 
be established, reports the voice communication condi- 
tions of terminal A to the media controller 1 44 of terminal 
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B, acquires the voice communication conditions (403) 
on the side of terminal B from the media controller 144 
and sends this information to the connection controller 
141 of terminal A by OK message 404. In order to verify 
receipt of the OK message, the connection controller 

141 of terminal A transmits the ACK message 416 to 
terminal B. 

[0084] Theconnectioncontroller141 of terminal A de- 
livers the information of the OK message to the media 
controller 142. As a result of the procedure set forth 
above, information for communicating media between 
the VoIP terminals A and B is obtained on both sides. 

4. Phase C: Establishment of Audiovisual 
Communication 

[0085] The media controllers 142, 144 of both VoIP 
terminals A and B notify the IP packetizing units 150, 
125 of the destination IP addresses and port numbers, 
which are for sending and receiving voice packets, ac- 
quired through the above-described procedure, and the 
IP packetizing unit 150 starts sending the voice signal 
using the reported IP address and port number as the 
destination. Start messages (305, 333) in Fig. 4 and 
Start messages (407, 434) in Fig. 6 correspond to these 
parts of the procedure. In this case, the media controller 

142 transmits the Start messages (333 and 434) to the 
IP packetizing unit 150 via the IP network. That is, the 
Start messages 333, 434 are sent to IP address of the 
IP interface 151 and port number of the IP packetizing 
unit 150 that were obtained by the procedure of Phase 
S. 

[0086] The voice signal received from the voice/signal 
converter via the voice signal transmitting unit is pack- 
etized by the IP packetizing unit 150, arrives at the IP 
interface 1 29 of terminal B having the IP address of the 
destination and is input to the receiving-side IP pack- 
etizing unit 125 selected by the specified port number. 
The IP packetizing unit 125 converts the entered voice 
packet to a voice signal and inputs the voice signal to 
the voice/signal converter 123. The latter converts the 
voice signal to voice and outputs the same. The voice 
signal in the opposite direction is transmitted in a similar 
manner, whereby voice communication becomes pos- 
sible (voice packets are sent and received at 308 and 
309). 

5. Phase D: Call Service 



6. Phase E: Call Termination 

[0088] In order to release a connected call, the con- 
nection controller 141 of the terminal 103 sends a re- 

5 lease request message Release or Bye (309 in Fig. 4 
and 41 0 in Fig. 6) to the terminal 102 on the called side 
and instructs the IP packetizing unit 150 to stop the 
sending of voice (Stop 31 3, 334 in Fig. 4 and Stop 41 4, 
435 in Fig. 6). Upon receiving the release request mes- 

10 sage, the terminal 1 02 at the communication destination 
instructs the IP packetizing unit 125 on the side of this 
terminal to halt the sending of voice (Stop 311, 312 in 
Fig. 4 and Stop 41 2, 41 3 in Fig. 6) and sends a message 
to answer the release request (Release Ack or OK mes- 

is sage) (310 in Fig. 4 and 411 in Fig. 6). As a result, the 
resources that were being used in the connection of the 
call are released and the call can be disconnected. If the 
connection controller 1 41 of terminal 1 03 that requested 
release cannot receive Release Ack 310 within a fixed 

20 period of time, this terminal resends the release request 
message. This makes it possible to release the call con- 
nection reliably even in cases where the message has 
been lost. After the call is released, the media signal 
transmitting unit connected in Phase S is released. This 

2S is carried out by sending a disconnect request message 
from the control unit of terminal 103 to the telephone 
controllers 1 64, 1 65. In a case where the control unit of 
terminal A continues with the connection of another call, 
the procedure from Phase A onward is executed without 

30 effecting release, thereby making it possible to connect 
the other call. 

[0089] A case in which terminal 1 03 originates a call 
has been described. The procedure when an incoming 
call arrives at terminal 1 03 from terminal 102 is executed 

35 in similar fashion; the sequence diagrams are illustrated 
in Figs. 7 and 8. However, Fig. 7 shows the connection 
sequence for a VoIP call at the time of an incoming call 
in the case of the H.323 protocol and Fig. 8 the connec- 
tion sequence for a VoIP call at the time of an incoming 

*o call in the case of SIP. 

[0090] In the first embodiment, there is no limitation 
regarding a specific network used as the public tele- 
phone network. However, a third-generation mobile net- 
work currently under consideration can be applied as 

45 the network on the side of terminal A. Such a mobile 
network has both an IP communication function and a 
voice communication function and can be implemented 
in an efficient manner. 



[0087] By changing the IP address of the communi- 
cating party to another IP address during communica- 
tion, it is possible with the voice communication estab- 
lished in Phase B to change the destination of the con- 
nection. Services such as third-party conversation and 
call transfer are implemented using this function. 



so (C) Second Embodiment 

[0091] According to a second embodiment of the 
present invention, a media gateway serving as an IP 
packetizing unit is placed in a public telephone network 
55 and voice is transmitted up to the media gateway without 
being packetized using an existing network. The overall 
construction of this embodiment is the same as that of 
the first embodiment shown in Fig. 1 . 
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(a) Construction of media signal transmitting unit 

[0092] Fig. 9 is a block diagram illustrating the second 
embodiment, in which the media gateway is placed in 
the public telephone network as the IP packetizing unit. 
Components in Fig. 9 identical with those of the first em- 
bodiment shown in Fig. 2 are designated by like refer- 
ence characters. The voice signal transmitting unit 160, 
which exemplifies media signal transmitting means, in- 
cludes the telephone switch 1 70 constituting a public tel- 
ephone network; the telephone 1 63, which is connected 
to the switch 170; the telephone controller 165 for con- 
trolling the telephone 1 63; some of the functions of the 
media gateway (MG) 171, which is connected to the 
switch 170; and the media gateway controller (MGC) 
172. 

[0093] The media gateway 1 7 1 has both a function for 
interfacing the public telephone network and a function 
for interfacing an IP network. More specifically, the me- 
dia gateway 1 71 has a plurality of lines connected to the 
telephone switch 170 and receives a voice signal from 
the telephone switch 170 via a line specified by the me- 
dia gateway controller 172. The media gateway 171 
packetizes this voice signal, transmits the voice IP pack- 
et in the direction of the destination terminal 102, con- 
verts a voice IP packet, which has been acquired from 
the IP network 130, to a voice signal and sends this 
voice signal to the side of terminal 103 via this line. 
[0094] The media gateway controller 1 72 controls the 
media gateway 1 71 in accordance with a predetermined 
protocol {the Megaco protocol, which is a protocol com- 
pliant with ITU-T Recommendation H.248), and controls 
connection by exchanging call control signals with the 
public telephone network by a predetermined signaling 
system, e.g., Common Channel Signaling System No. 
7. For example, if the telephone number of telephone 
163 and the line number of media gateway 171 are 
specified by a call control signal from the media gateway 
controller 172 to request the telephone switch 170 for a 
connection, the telephone switch 170 connects the tel- 
ephone 1 63 with the media gateway 171. 
[0095] The control unit 1 20 of terminal 1 03 is capable 
of communicating with the media gateway controller 1 72 
via the IP network 130. As will be set forth in the con- 
nection sequence described below, the telephone 163 
in the voice signal transmitting unit 160 and the media 
gateway 171 are connected by an exchange of control 
signals between the media gateway controller 172 and 
control unit 1 20. Further, in a manner to the first embod- 
iment, the control unit 1 20 of terminal 1 03 is connected 
directly to the telephone controller 1 65 so that it can con- 
trol the telephone 163. The voice/signal converter 122 
is connected to the telephone 163 and can send and 
receive voice signals to and from the media gateway 
171 via the telephone switch 170. 



(b) Connection sequence 

[0096] In the second embodiment, the construction of 
the voice signal transmitting unit 1 60 differs from that of 

s the first embodiment and, hence, the corresponding por- 
tion of the connection sequence also differs. Fig. 10 il- 
lustrates the VoIP call connection sequence according 
to the second embodiment, and Fig. 11 shows a con- 
nection sequence for connecting the voice/signal con- 

*o verter 122 and the media gateway 171. 

1. Phase S: Media Connection Setup 

[0097] As in the first embodiment, the connection con- 
's trailer 141 orders the media controller 142 to make prep- 
arations for media communication before a call is estab- 
lished (Preparation 330). 

[0098] Upon being so ordered, the media controller 
142 requests the media gateway 171 via the IP network 

20 and media gateway controller 1 72 to convert the voice 
signal to an IP packet (Request 331 ). In response to this 
request, the media gateway 1 71 sends back, to the me- 
dia gateway controller 172, the necessary information 
such as the IP address and port number of the packetiz- 

» ing unit that performs the IP packetizing, and the encod- 
ing scheme used when the voice signal is IP-packetized. 
The media gateway controller 172 reports this informa- 
tion to the media controller 142 via the IP network (Re- 
sponse 332). 

30 [0099] Next, the media controller 142 controls the 
voice signal transmitting unit 160 to connect the voice/ 
signal converter 122 and the media gateway 171 (341). 
[01 00] More specifically, as shown in Fig. 1 1 , the me- 
dia controller 142 notifies the media gateway controller 

35 172 of the telephone number of the telephone 163 con- 
nected to the voice/signal converter 122 and requests 
that a call be originated to this number (Connect Req. 
341). Further, the media controller 142 requests the tel- 
ephone controller 165 of telephone 163 on the side of 

■m the voice/signal converter to answer if there is an incom- 
ing call (answer preparation message 510). If an origi- 
nation request is issued, the media gateway controller 
172 requests the telephone switch 170 to connect the 
media gateway 171 to the specified telephone 163 via 

45 a predetermined line by a call control signal (501). As a 
result, an incoming call arrives at the telephone 163 via 
the public telephone network (502, 503). When the in- 
coming call arrives, the telephone controller 165 re- 
sponds by completing the connection (504). An answer 

so signal is sent from the telephone switch 1 70 to the media 
gateway controller 172 (505, 506). Upon receiving the 
answer signal, the media gateway controller 1 72 notifies 
the media gateway 171 of completion of the connection 
to the public telephone network and completes the con- 

55 nection. The media gateway controller 1 72 thenceforth 
sends the media controller 142 a Connect Complete 
message 342 indicative of completion of the connection. 
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2. Phase A: Call Setup Phase 

[01 01 ] Phase A is exactly the same as Phase A of the 
first embodiment and need not be described again. 

3. Phase B: Initial Communication and Capability 
Exchange 

[0102] Phase B is exactly the same as Phase B of the 
first embodiment and need not be described again. 

4. Phase C: Establishment of Audiovisual 
Communication 

[0103] The media controllers 142, 144 of both VoIP 
terminals A and B notify the IP packetizing unit (media 
gateway MG) 171 and the IP packetizing unit 125, re- 
spectively, of the destination IP addresses and port 
numbers, which are indicative of the destination to which 
the voice packet is to be transmitted, acquired through 
the above-described procedure, and the IP packetizing 
units 171, 125 start sending the voice IP packet using 
the reported IP address and port number as the desti- 
nation. Start messages (305, 333) in Fig. 1 0 correspond 
to these parts of the procedure. In this case, the media 
controller 142 transmits the Start message 333 to the 
media gateway controller 1 72, which controls the media 
gateway 1 71 , via the IP network. In response, the media 
gateway controller 172 sets the IP address and port 
number of terminal B in the media gateway 171 to there- 
by make voice communication possible. 
[0104] A voice IP packet sent from the media gateway 
171 arrives at the IP interface 129 (Fig. 1), which has 
the set IP address of the communicating terminal, via 
the IP network 130. The voice IP packet enters the IP 
packetizing unit 125 having the specified port number 
and is converted to a voice signal by the IP packetizing 
unit 125. The voice/signal converter 123 converts the 
voice signal to voice and outputs the same. The voice 
signal in the opposite direction is transmitted in a similar 
manner, whereby voice communication becomes pos- 
sible (voice packets are sent and received at 308). 

5. Phase D: Call Service 

[0105] By changing the IP address of the communi- 
cating party to another IP address during communica- 
tion in response to a request issued to the media gate- 
way controller 1 72, it is possible with the voice commu- 
nication established in Phase B to change the destina- 
tion of the connection. Services such as third-party con- 
versation and call transfer are implemented using this 
function. 

6. Phase E: Call Termination 

[0106] In order to release a connected call, the con- 
nection controller 141 of the terminal 103 sends the re- 
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lease request message Release (309) and instructs the 
media gateway 171 to stop the sending of voice (313, 
314). Upon receiving the release request message, the 
connection controller 1 43 of terminal B at the destination 

s instructs the IP packetizing unit 1 25 to halt the sending 
of voice (311 , 312) and sends the connection controller 
141 of terminal A the message Release Ack to answer 
the release request (31 0). As a result, the resources that 
were being used in the connection of the call are re- 

<o leased and the call can be disconnected. If the terminal 
1 02 that requested release cannot receive Release Ack 
310 within a fixed period of time, this terminal resends 
the release request message. This makes it possible to 
release the call connection reliably even in cases where 

'5 the message has been lost. After the call is released, 
the media signal transmitting unit connected in Phase 
S is released. This is carried out by sending a disconnect 
request message from the control unit of terminal 103 
to the media gateway 1 71 and telephone controller 1 65. 

20 in a case where the control unit of terminal A continues 
with the connection of another call, the procedure from 
Phase A onward is executed without effecting release, 
thereby making it possible to connect the other call. 
[0107] As mentioned above, the Megaco protocol (H. 

25 248 protocol) has been defined as means by which the 
media gateway controller 172 controls the media gate- 
way 171. In accordance with this protocol, it is possible 
(1) to specify the IP address and port number of the party 
that is communicating with the media gateway 171, (2) 

30 to acquire the IP address and port number used by the 
media gateway 171, to set up a line connected to the 
switch, and (4) to IP-packetize a voice signal received 
for the line that has been set up. 



[0108] Fig. 12 is a block diagram illustrating a modifi- 
cation of the second embodiment. Components in Fig. 
12 identical with those of the second embodiment 
«> shown in Fig. 9 are designated by like reference char- 
acters. 

[0109] As mentioned above, the Megaco protocol is 
a protocol as means by which the media gateway con- 
troller 1 72 controls the media gateway 171. Accordingly, 
45 as shown in Fig. 1 2, the media controller 1 42 of terminal 
A is provided with an MGC control function 142' and the 
elements from the telephone 1 63 on the side of terminal 
A to the media gateway (MG) 1 71 are regarded as one 
virtual media gateway 200. If this arrangement is adopt- 
so ed, the media controller 142 can control the virtual me- 
dia gateway 200 as a higher order MGC by the Megaco 
protocol. 

[0110] By virtue of this arrangement, the control unit 
120 of terminal 103 need not use a new protocol and 
55 can exercise control using the already defined H.248 
protocol (Megaco protocol). 
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35 (c) Modification of second embodiment 
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(D) Third embodiment 

[01 1 1 ] Fig. 1 3A is a block diagram illustrating a media 
communication system according to a third embodiment 
in which the IP packetizing means is placed in a RAN 
(Radio Access Network). Components in Fig. 13A iden- 
tical with those of the first embodiment shown in Fig. 1 
are designated by like reference characters. This em- 
bodiment differs in that a mobile communication net- 
work is used as the network that accesses the IP net- 
work 130, and in that a mobile terminal is used as the 
terminal A. More specifically, the media communication 
system of the third embodiment has a mobile commu- 
nication network 180 as the network for accessing the 
IP network 130, has a mobile terminal 104 as the termi- 
nal A, and has wireless means for mobile communica- 
tion as means for transmitting voice signals. The wire- 
less means for mobile communication is constituted by 
a base-station facility or the like including a radio trans- 
ceiver, which is for modulating and demodulating radio 
signals from the mobile terminal 104, and a radio base 
station 181 . The media communication system accord- 
ing to the third embodiment has the IP packetizing unit 
150 placed in the mobile communication network 180. 
The IP packetizing unit 150 is connected to the radio 
base station 181 to exchange voice signals with the 
voice/signal converter 122 of the mobile terminal 104, 
and is connected to the IP network 130 via the IP inter- 
face 151 to exchange IP packets. An SGSN/GGSN 182 
having a gateway function for a 3GPP core network is 
disposed between the radio base station 1 81 and the IP 
network 130. 

[01 1 2] Communication of control signals for connect- 
ing ordinary telephone calls and data calls is performed 
between the mobile terminal 1 04 and radio base station 
181 (IP packetizing unit 150). The mobile terminal 104 
and the IP packetizing unit 1 50 use these control signal 
communication means to communicate with each other 
and exchange control information through a sequence 
similar to these of the first and second embodiments. In 
this case, the radio base station 181 is capable of con- 
necting the voice/signal converter 122 and IP packetiz- 
ing unit 1 50 by a voice channel in the same manner as 
that of an ordinary voice call. By transmitting a control 
signal from the control unit 120 of mobile terminal 104 
to the radio base station 181 (IP packetizing unit 150), 
the connection can be changed over freely. This makes 
it possible to raise the degree of freedom of connections. 
[01 13] In the case described above, a control signal 
from the mobile station is sent to the IP packetizing unit 
1 50 via the radio base station 181. However, it can also 
be so arranged that a control signal is sent to the IP 
packetizing unit 150 via the IP network. 
[0114] Further, if the IP network is classified as an 
asynchronous communication network and the mobile 
network as a synchronous communication network, 
then the signal conversion apparatus 1 55 will be provid- 
ed in the base-station facility and connected to the asyn- 



chronous IP network 130, as depicted in Fig. 13B. The 
signal conversion apparatus 155 comprises: (1) first 
conversion means 150a for converting a synchronous 
voice signal, which the radio base station 181 has re- 

s ceived from the mobile terminal 1 04 via a radio channel, 
to an asynchronous voice signal of a destination; (2) 
sending means (IP interface) 1 51 for sending the asyn- 
chronous voice signal obtained by the conversion to the 
asynchronous communication network 130; (3) second 

10 conversion means 1 50b lor receiving an asynchronous 
voice signal from the asynchronous communication net- 
work 130 and converting this signal to a synchronous 
voice signal; and (4) a transceiver unit 1 50c for trans- 
mitting the synchronous voice signal obtained by the 

<5 conversion to the radio base station 181 in such a man- 
ner that this signal will be transmitted to the mobile sta- 
tion 104 via the radio channel. 

■Modification 

20 

[0115] As shown in Fig. 1 3C, the media gateway (MG) 
171 is provided as the IP packetizing unit 150 and IP 
interface 1 51 , and the media gateway controller (MGC) 
is provided as the control means of the media gateway 

25 1 71 . The voice connection from the mobile terminal 1 04 
to the media gateway MG is established via the radio 
base station 181 , and control of the media gateway MG 
is exercised by the media gateway controller MGC in 
accordance with a command from the mobile terminal 

30 104. 

[01 16] If the mobile terminal 104 is provided with the 
MGC control function in this case, the elements from the 
voice/signal converter 122 of the mobile terminal to the 
media gateway MG disposed in the mobile network can 
35 be regarded as one virtual gateway. If this arrangement 
is adopted, the mobile terminal 104 can control the vir- 
tual media gateway MG utilizing a protocol (Megaco pro- 
tocol) the same as that which the media gateway con- 
troller MGC uses to control the media gateway MG. 

w 

(E) Fourth embodiment 

[0117] Fig. 14 is a block diagram illustrating a fourth 
embodiment in which a private VoIP network is ac- 

■>s cessed from the outside. Components in Fig. 14 identi- 
cal with those of the first embodiment shown in Fig. 1 
are designated by like reference characters. 
[0118] This is a communication system in which a 
closed private IP media communication network (private 

so VoIP network) 190 is constructed in a corporation or 
business and is connected to the external public IP net- 
work 130 via a firewall 191 . In this communication sys- 
tem, the control unit 1 20 of the external terminal 1 03 is 
capable of VoIP communication with the terminal 102 of 

55 the intracorporate IP network 1 90 via the public IP net- 
work 130 and firewall 191. Often, however, transmitting 
a VoIP voice packet through a public IP network and fire- 
wall is not realistic because of problems relating to IP 
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communication speed and firewall speed. 
[0119] According to the fourth embodiment, this com- 
munication system is adapted in such a manner that the 
external terminal 103 can communicate media with the 
internal terminal 102 directly via the intracorporate IP 
network 1 90 without the intervention of the firewall 191 . 
To achieve this, the IP packetizing unit 1 50 is connected 
to the private VoIP network (intracorporate IP network) 
190 via the IP interface 151, the IP packetizing unit 150 
and the voice/signal converter 122 of the external ter- 
minal 1 03 are connected by the voice signal transmitting 
unit 1 60, and voice signals can be sent and received in 
both directions. An ordinary public telephone network 
can be used as means for implementing the voice signal 
transmitting unit 160, as in the first embodiment of Rg. 
2, and the connection sequence is the same as that of 
the first embodiment. A mobile communication network 
can also be used as alternate means for implementing 
the voice signal transmitting unit 1 60, as in the third em- 
bodiment of Fig. 13A. 

[0120] The control unit 120 of the external terminal 
1 03 performs control via the IP network 1 30, firewall 191 
and intracorporate IP network 1 90 in such a manner that 
the IP packetizing unit 150 operates as its own IP pack- 
etizing unit when a call is generated, and connects the 
voice signal transmitting unit 160 in such a manner that 
the internal voice/signal converter 122 and IP packetiz- 
ing unit 1 50 are connected. Upon completion of connec- 
tion control, the control unit 1 20 of external terminal 1 03 
sends and receives voice signals to and from the inter- 
nal terminal 102 via the voice/signal converter 122, 
voice signal transmitting unit 160, IP packetizing unit 
150 and intracorporate IP network 190. 
[0121] As a result, the external terminal 103 can send 
voice signals using the intracorporate IP network 190 
just as if it were connected directly to the intracorporate 
IP network 190, without the intervention of the firewall 
191. 

(F) Fifth embodiment 

[0122] Fig. 1 5 is a block diagram illustrating a fifth em- 
bodiment in which the firewall is bypassed. 
[0123] In this communication system in which the in- 
tracorporate IP network (intranet) 196 is connected to 
the public IP network 130 via the firewall 195, the VoIP 
terminal 101, which is connected to the intracorporate 
IP network 1 96, is capable of VoIP communication with 
the VoIP terminal 102 via the intracorporate IP network 
196, firewall 195 and IP network 130. 
[0124] In general, when the intracorporate IP network 
196 and public IP network 130 are connected, the con- 
nection is made through the firewall 195 in order to as- 
sure security, all IP packets are checked at the firewall 
to determine whether or not they should pass, and se- 
curity is safeguarded in such a manner that inappropri- 
ate IP communication will not take place. With VoIP 
communication, however, 1 0 to 50 IP packets are trans- 



ferred in one second. Transfer of a large number of IP 
packets leads to a greater amount of processing at the 
firewall and considerable firewall resources are con- 
sumed in order to execute this processing. Voice IP 
5 packets in VoIP communication, on the other hand, con- 
tain only voice information and it is therefore unneces- 
sary to subject each and every voice IP packet to strin- 
gent scrutiny to determine whether the packet should 
pass or not. 

10 [0125] According to the fifth embodiment, therefore, 
IP-packet relay means 197 is provided in parallel with 
the firewall 195 and a voice IP packet is communicated 
via the IP-packet relay means 197 after connection ne- 
gotiation control is performed between the terminals 101 

'5 and 102. If this expedient is adopted, it can be so ar- 
ranged that the voice IP packet will not traverse the fire- 
wall 195. This makes it possible to reduce the amount 
of processing at the firewall. 
[01261 When a call is generated, the VoIP terminal 

20 101 communicates with the IP-packet relay means 197 
via the intracorporate IP network 196 firewall 195 and 
public IP network 1 30 and performs control in such a 
manner that the IP-packet relay means 1 97 operates as 
its own IP-packet relay means. Further, the terminal 1 01 

25 controls connection in such a manner that the voice/sig- 
nal converter 1 22 can send a voice signal to the terminal 
102 via the intracorporate IP network 196, IP-packet re- 
lay means 197 and public IP network 130. Upon com- 
pletion of the connection, the voice signal output from 

30 the voice/signal converter 122 is IP-packetized by the 
IP packetizing unit 1 24 and sends the packet to the VoIP 
terminal 102 via the intracorporate IP network 196, IP- 
packet relay means 197 and public IP network 130. 
[01 27] Though the media signal is described as being 

35 a voice signal, the present invention is not limited to a 
voice signal and can be applied to signals such as an 
image signal and signal that is a combination of voice 
and images. 

[0128] Thus, in accordance with the present inven- 
io tion, terminals can be connected via an IP network to 
communicate the media signal even if the media signal 
is not IP-packetized completely overall segments of the 
communication path between the terminals. 
[0129] Further, in accordance with the present inven- 
ts tion, the IP-packetizing of voice is not performed in a 
terminal but in an apparatus disposed in close proximity 
to the IP network. This makes it possible to perform VoIP 
communication with little decline in voice quality. More- 
over, it is possible to carry out end-to-end control, which 
so is one of the merits of VoIP communication, thereby en- 
abling the provision ot flexible service. 
[0130] Further, in accordance with the present inven- 
tion, even if there is a segment of the communication 
path that does not have sufficient data transmission 
55 bandwidth, e.g., a wireless segment, voice is transmit- 
ted over this segment as is without being converted to 
a voice IP packet. As a result, delay of IP packets can 
be reduced and a decline in voice quality can be avoid- 
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ed. In addition, since delay of IP packets can be re- 
duced, the size of overhead in the header of an IP packet 
does not present a problem and it is possible to dispense 
with a highly sophisticated header compression func- 
tion. 5 
[0131] Further, in accordance with the present inven- 
tion, it is possible to provide a terminal apparatus and a 
signal conversion apparatus that are capable of com- 
municating media. 

[01 32] Further, in accordance with the present inven- io 
tion, voice is transmitted as is using a public network or 
mobile network without relying upon IP packetizing over 
segments that do not possess sufficient data transmis- 
sion bandwidth. As a result, facilities such as an existing 
voice telephone network can be utilized effectively. This " 
is extremely advantageous to communication compa- 
nies and users. 

[01 33] Further, in accordance with the present inven- 
tion, a terminal can be provided with an interface exactly 
the same as that of the conventional VoIP terminal. As 20 
a result, the terminal on the side of the communicating 
party can set up calls and provide service through han- 
dling that is exactly the same without distinguishing be- 
tween the terminal of the invention and a VoIP terminal 
of the prior art. & 
[01 34] Further, in accordance with the present inven- 
tion, it is possible for a business equipped with a private 
VoIP network having a VoIP-based extension to com- 
municate just as if a connection has been made directly 
to the extension from the outside using an existing tel- ao 
ephone network. This makes possible the implementa- 
tion of highly effective means for use as intracorporate 
communication means. 

[01 35] Further, in accordance with the present inven- 
tion, it is possible to dispense with processing for veri- 35 
tying voice IP packets at the firewall. This makes it pos- 
sible to reduce the amount of firewall processing, to dis- 
pense with the need to provide the firewall with sophis- 
ticated functionality and to hold down cost. 
[0136] As many apparently widely different embodi- <» 
ments of the present invention can be made without de- 
parting from the concept and scope thereof, it is to be 
understood that the invention is not limited to the specific 
embodiments thereof except as defined in the append- 




1 . A media communication system for performing me- 50 
dia communication between first and second termi- 
nals, each of which is constructed so as to be ca- 
pable of IP communication, via an IP network, com- 
prising: 

an IP packetizing unit for IP-packetizing and 
sending, to the IP network, a media signal sent 
from the first terminal, and for converting an IP 



packet received from the IP network to a media 
signal and sending the media signal to the first 
terminal; 

a media signal transmitting unit for connecting 
a media/signal converter, which is provided 
within the first terminal, to said IP packetizing 
unit, and for transmitting a media signal and ; 
the first terminal having, in addition to said me- 
dia/signal converter for generating a media sig- 
nal and receiving a media signal from the IP 
packetizing unit, a controller for controlling con- 
nection to the second terminal and for control- 
ling sending/receiving of a media signal when 
a call is generated; 

wherein when a call is generated, the first ter- 
minal performs control in such a manner that 
said IP packetizing unit operates as its own IP 
packetizing unit, and controls said media signal 
transmitting unit to connect said media/signal 
converter and said IP packetizing unit; and 
upon completion of the connection, the first ter- 
minal sends and receives media signals to and 
from the second terminal via said media/signal 
converter, said media signal transmitting unit, 
said IP packetizing unit and said IP network 

2. The system according to claim 1 , wherein when the 
controller of said first terminal performs connection 
control, said controller communicates with said IP 
packetizing unit to acquire an IP address and port 
number of said IP packetizing unit, reports this IP 
address and port number to the second terminal 
and receives an IP address and port number of the 
second terminal from the second terminal and re- 
ports these to said IP packetizing unit; 

said IP packetizing unit packetizes a media sig- 
nal received from the media/signal converter 
via said media signal transmitting unit and 
sends the resulting packet to the IP network us- 
ing the IP address and port number of the sec- 
ond terminal as the destination; and 
the second terminal sends a media-signal IP 
packet to the IP network using the IP address 
and port number of said IP packetizing unit as 
the destination. 

3. The system according to claim 1 , wherein said me- 
dia signal transmitting unit is constructed using a 
public network. 

4. The system according to claim 1 , wherein said me- 
dia signal transmitting unit is constructed using a 
mobile communication network, and said mobile 
communication network is used as IP transmission 
means to send and receive control signals between 
the first terminal and said IP packetizing unit. 
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5. The system according to claim 3, wherein said me- 
dia signal transmitting unit includes a telephone on 
the side of the first terminal, a public telephone net- 
work and a telephone on the side of said IP pack- 
etizing unit; and s 

when the controller of said first terminal per- 
forms connection control, said controller calls 
the telephone on the side of the first terminal 
from the telephone on the side of the IP pack- io 
etizing unit and connects said media/signal 
converter and said IP packetizing unit. 



the first terminal to said IP packetizing unit as one 
virtual media gateway and controls this virtual me- 
dia gateway by said protocol. 

12. The system according to claim 2, wherein said me- 
dia signal transmitting unit is constructed using a 
mobile communication network, said IP packetizing 
unit is provided within the mobile communication 
network and communication between the first ter- 
minal and said IP packetizing unit is implemented 
in accordance with a wireless-access communica- 
tion protocol. 



6. The system according to claim 3, wherein said me- 
dia signal transmitting unit includes a telephone on 
the side of the first terminal, a public telephone net- 
work and a telephone on the side of said IP pack- 
etizing unit; and 

when the controller of said first terminal per- ■ 
forms connection control, said controller calls 
the telephone on the side of the IP packetizing 
unit from the telephone on the side of the first 
terminal and connects said media/signal con- 
verter and said IP packetizing unit. 

7. The system according to claim 3, wherein said IP 
packetizing unit is disposed within a public tele- 
phone network so as to be connectable to a public 
network switch and so as to be capable of commu- 
nicating with the first terminal via the IP network. 

8. The system according to claim 7, wherein said IP 
packetizing unit provided in the public network is 
constituted by a media gateway and a media gate- 
way controller is provided for communicating with 
the controller of the first terminal via the IP network 
to control said media gateway by a predetermined 
protocol. 

9. The system according to claim 8, wherein when the 
controller of said first terminal performs connection 
control, said controller calls a telephone on the side 
of the first terminal from said media gateway and 
connects said media/signal converter and said IP 
packetizing unit. 

10. The system according to claim 8, wherein when the 
controller of said first terminal performs connection 
control, said controller calls said media gateway 
from a telephone on the side of the first terminal and 
connects said media/signal converter and said IP 
packetizing unit. 

11. The system according to claim 8, wherein the con- 
troller of said first terminal is provided with a function 
of said media gateway controller, and said controller 
regards elements from a telephone on the side of 



13. The system according to claim 12, wherein said IP 
packetizing unit provided within said mobile com- 
munication network is constituted by a media gate- 
way and a media gateway controller is provided for 
communicating with the controller of the first termi- 
nal to control said media gateway by a predeter- 
mined protocol. 

14. The system according to claim 13, wherein the con- 
troller of said first terminal is provided with a function 
of said media gateway controller, and said controller 
regards said media gateway and said media gate- 
way controller as one virtual media gateway and 
controls this virtual media gateway by said protocol. 

15. A media communication system for performing me- 
dia communication between first and second termi- 
nals, each of which is constructed so as to be ca- 
pable of IP communication, via an IP network, com- 
prising: 

a public IP network to which the first terminal is 

connected; 

an intracorporate IP network to which the sec- 
ond terminal is connected and which is capable 
of IP media communication by an extension; 
a firewall provided between said public IP net- 
work and said intracorporate IP network; 
an IP packetizing unit for IP-packetizing and 
sending, to said intracorporate IP network, a 
media signal sent from the first terminal, and 
for converting an IP packet received from said 
intracorporate IP network to a media signal; 
a media signal transmitting unit for connecting 
a media/signal converter, which is provided 
within the first terminal, to said IP packetizing 
unit, and for transmitting a media signal; and 
the first terminal having, in addition to said me- 
dia/signal converter for generating a media sig- 
nal and receiving a media signal from the IP 
packetizing unit, a controller for controlling con- 
nection to the second terminal and for control- 
ling sending/receiving of a media signal when 
a call is generated; 

wherein the controller of said first terminal per- 
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forms control via said public IP network, said 
firewall and said intracorporate IP network in 
such a manner that said IP packetizing unit op- 
erates as its own IP packetizing unit, and con- 
trols said media signal transmitting unit to con- 
nect said media/signal converter and said IP 
packetizing unit; and 

upon completion of the connection, the first ter- 
minal sends and receives media signals to and 
from the second terminal via said media/signal 
converter, said media signal transmitting unit, 
said IP packetizing unit and said intracorporate 
IP network. 

16. The system according to claim 1 5, wherein said me- 
dia signal transmitting unit is constructed using a 
mobile communication network, and said mobile 
communication network is used as IP transmission 
means to send and receive control signals between 
the first terminal and said IP packetizing unit. 

17. A media communication system for performing me- 
dia communication between first and second termi- 
nals, each of which is constructed so as to be ca- 
pable of IP communication, via an IP network, com- 
prising: 

an intracorporate IP network, which is closed 
within a corporation, to which the first terminal 
is connected and which is capable of IP media 
communication; 

a public IP network to which the second termi- 
nal is connected; 

a firewall provided between said intracorporate 
IP network and said public IP network; and 
IP-packet relay means provided between said 
intracorporate IP network and said public IP 
network for bypassing said firewall; 
the first terminal having: 

an IP packetizing unit for IP-packetizing a 
media signal and sending it to said intrac- 
orporate IP network, and for converting an 
IP packet received from said intracorporate 
IP network to a media signal; and 
a controller for controlling connection to the 
second terminal and for controlling send- 
ing/receiving of a media signal when a call 
is generated; 

wherein when a call is generated, the controller 
of said first terminal performs control via said 
intracorporate IP network, said firewall and said 
public IP network in such a manner that said 
IP-packet relay means operates as its own re- 
lay means, and controls connection in such a 
manner that a media signal is capable of being 
transmitted via said intracorporate IP network, 
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said IP-packet relay means and said public IP 
network; and 

upon completion of connection control, the con- 
troller sends and receives media signals to and 
5 from the second terminal via said intracorpor- 

ate IP network, said IP-packet relay means and 
said public IP network. 

18. A signal conversion apparatus provided in a base- 
's station facility and connected to an asynchronous 
communication network, comprising: 

receiving means for receiving a control signal 
from a mobile station via a base station or asyn- 
'5 chronous communication network; 

means for converting a synchronous voice sig- 
nal, which the base station has received from 
the mobile station via a radio channel, to an 
asynchronous voice signal directed to a desti- 
ne nation decided by the control signal; and 

sending means for sending the asynchronous 
voice signal obtained by the conversion to the 
asynchronous communication network. 

25 19. A signal conversion apparatus provided in a base- 
station facility and connected to an asynchronous 
communication network, comprising: 

receiving means for receiving a control signal 
30 from a mobile station via a base station or asyn- 

chronous communication network; 
conversion means for receiving an asynchro- 
nous voice signal from a destination, which is 
specified by the control signal, via the asyn- 
35 chronous communication network and convert- 

ing the asynchronous voice signal to a synchro- 
nous voice signal; and 

sending means for sending the synchronous 
voice signal obtained by the conversion to the 
■w base station in such a manner that the base sta- 

tion will transmit this signal to the mobile station 
via the radio channel. 

20. A signal conversion apparatus provided in a base- 
45 station facility and connected to an asynchronous 
communication network, comprising: 

receiving means for receiving a control signal 
from a mobil station via a base station or asyn- 

50 chronous communication network; 

first conversion means for converting a syn- 
chronous voice signal, which a base station has 
received from a mobile station via a radio chan- 
nel, to an asynchronous voice signal directed 

55 to a destination that has been set; 

first sending means for sending the asynchro- 
nous voice signal obtained by the conversion 
to the asynchronous communication network; 
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second conversion means for receiving an 
asynchronous voice signal Irom the set desti- 
nation via the asynchronous communication 
network and converting this signal to a synchro- 
nous voice signal; and * 
second sending means for sending the syn- 
chronous voice signal obtained by the conver- 
sion to the base station in such a manner that 
this signal will be transmitted to the mobile sta- 
tion via the radio channel. »" 

21. A terminal apparatus in a media communication 
system for sending and receiving media signals be- 
tween terminals via an IP packetizing unit for IP- 
packelizing a media signal and sending it to an IP >s 
network and for converting an IP packet received 
from the IP network to a media signal, a media sig- 
nal transmitting unit for transmitting a media signal 
between a terminal and the IP packeti2ing unit, and 
the I P network, said terminal apparatus comprising: 20 

a media/signal converter for generating a me- 
dia signal and receiving a media signal from 
said IP packetizing unit via said media signal 
transmitting unit; and 25 
a controller which, when a call is generated, is 
for performing control in such a manner that 
said IP packetizing unit operates as its own IP 
packetizing unit and for controlling said media 
signal transmitting unit to connect said media/ 30 
signal converter and said IP packetizing unit 
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The Search Division considers that the present European patent application does not comply with the 
requirements ol unity ol invention and relates to several inventions or groups ol inventions, namely: 

1. claims: 1-16,18-21 

A system and apparatuses for improving the bandwidth 
efficiency and quality of media signals sent over a segment 
of the transmission path where sufficient bandwidth can not 
be acquired, by using conventional corrmuni cation techniques 
on this segment,- and by converting, under control of a 
terminal involved in the communication, the media signal to 
an IP packetized media signal for use on the remaining 
segments. 



2. claim: 17 

A system for allowing connectivity for IP telephony between 
a public IP network and an intra corporate IP network, while 
maintaining a level of security imposed by a firewall, 
comprising the use of IP packet relay means under control of 
a terminal involved in the communi cation, for transferring 
IP Telephony traffic between these networks. 
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